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INTRODUCTION 
 
Vibrato is a commonly employed technique by 
instrumental performers in their process of making 
music.  Its utilisation can be for a variety of 
reasons, whether it be to create a heightened sense 
of expressivity in the music or for more prosaic 
means such as disguising poor intonation in 
technically difficult passages.   Regardless, it is an 
effect that has been sought to be replicated in the 
digital domain. 
 
The method by which vibrato is produced 
essentially falls into two categories.  One is 
frequency modulated vibrato whereby a small, 
periodic fluctuation of pitch is applied to the input 
signal.  This replicates the vibrato produced by 
most string instruments which is achieved by the 
player rolling their finger back and forth on the 
stopped string being sounded.  The other  
method of vibrato production is through amplitude 
modulation.  This is similar to frequency 
modulation but instead the fluctuation being 
applied to the pitch of a signal, it is instead applied 
to the amplitude or level of the signal, replicating 
vibrato production on many wind instruments such 
as the flute. 
 
AMPLITUDE MODULATED VIBRATO 
 
Digital synthesis of amplitude modulated vibrato 
is achieved by generating cyclic variations in the 
gain level of the input signal, which can be likened 
to quickly turning the volume knob up and down 
on a stereo system.  With respect to a digital 
system, this can be seen as putting an input signal 
through a gain multiplier which has had a low 
frequency oscillator (LFO) applied to it [6].  This 
is shown in figure 1: 
 
 
Figure 1. Flow diagram of an amplitude modulated vibrato system. 
 
To assist in visualising how this operation affects a 
signal we can think of super-imposing a sine wave 
on top of the input signal with the level of the 
output signal matching the amplitude of the imposed 
sine wave as seen in figure 2:
 
 Figure 2. Gain level of the output signal (for amplitude modulated vibrato) is determined by the 
instantaneous amplitude of the super-imposed sine wave. [6]. 
We can see that the basic premise of an amplitude 
modulating vibrato system is to create a sine wave 
of equal length to the input signal and multiplying 
each sample of the input signal by the 
corresponding sample in the sine wave.  The two 
parameters of this system are the modulating 
frequency of the vibrato and the amount of 
dynamic variation created by the vibrato.  The sine 
wave to be used for the amplitude modulator can 
be expressed as:   
 
y[n] = Acos(2pifn) 
 
where A is the amplitude of the modulation, f is 
the modulating frequency and n is the sample 
number.  However, to make this function more 
flexible so that we can alter the two parameters 
mentioned above, some changes have to be made.  
For the purposes of practicality, it will more useful 
to be able to specify the modulating frequency 
parameter in cycles per second (Hz), given that the 
vibrato frequencies of most instruments fall in the 
range of 3Hz to 8Hz.  To do this, the modulating 
frequency parameter (f) has to be specified as a 
ratio of the input signal’s sampling frequency (Fs).  
Hence, the sine function has to be altered to: 
 
y[n] = Acos(2pinf/Fs) 
 
Next, the modulating function should oscillate 
between 0 and 1 as opposed to -1 and 1.  This can 
be achieved through the following modification: 
 
y[n] = (1-cos(2pinf/Fs))/2 
 
Finally, to control the amplitude of the modulation 
we need to add a scaling factor: 
 
y[n] = A + (1-A)*( (1-cos(2pinf/Fs))/2)     [5] 
 
If we then take this y[n] function and multiply each 
individual sample by the corresponding sample of 
the input signal (say x[n]), we will obtain an output 
signal which modulates in amplitude at a rate of ‘f’ 
cycles per second.  A closer inspection of the final 
y[n] function shows that when A = 1, the cosine 
portion of the equation is negated (as it is multiplied 
by 0) and y[n] = 1.  This results in an output signal 
with no amplitude modulation.  But as A is 
decreased to zero, the cosine portion of the equation 
becomes more prominent and, when combined with 
the input signal, results in a greater degree of 
amplitude modulation in the output signal.  In short, 
decreasing the ‘A’ parameter increases the dynamic 
variation in the resulting vibrato. 
 
FREQUENCY MODULATED VIBRATO 
 
Conceptually, reproducing frequency modulated 
vibrato is similar to amplitude modulated vibrato 
except that the low frequency oscillation operation is 
applied to the frequency of the signal as opposed to 
its gain level.  This is achieved not by applying a 
LFO directly to the frequency content of the signal 
but rather to the delay of the signal.  This concept 
can be understood with respect to the Doppler effect.  
When an ambulance drives by we perceive a change 
in the pitch of its siren due to the variance in 
distance between the sound source and the listener.  
Theoretically, if the ambulance were to oscillate 
back and forth between two points then the listener 
would observe a periodic fluctuation in the pitch of 
the siren – a periodic Doppler effect [6].  This is 
the principle governing the synthesis of frequency 
modulated vibrato.  If we equate the time delay of 
the input signal to its apparent distance from the 
listener, then applying a LFO to the signal’s time 
delay will be equivalent to our oscillating ambulance 
scenario.  
 
The sine wave representation of the time delay 
function is similar to that used for the amplitude 
modulator, as seen in equation 1: 
 
 
Equation 1 
 
The modulation frequency parameter still governs 
the number of vibrato cycles per second but the 
amplitude parameter of the sine wave, usually 
measured in milliseconds, now controls the 
amount of pitch deviation in the vibrato.  By 
increasing the value of this parameter, we increase 
the maximum time delay of the input signal which, 
in turn, increases the apparent distance through 
which the sound source oscillates.  If the modulation 
frequency parameter is held constant then the sound 
source will apparently travel a larger distance during 
each cycle and this results in a greater degree of 
pitch variation in the vibrato.  Figure 3 illustrates 
this: 
 
 
Figure 3. Visualisation of the effect of altering the amplitude of the time delay function. 
 
When the input signal is passed through this 
vibrato system each sample of the signal is delayed 
by a length of time determined by substituting the 
corresponding sample number into Equation 1.  An 
issue that arises from this time delay function is 
that it generates delay lengths that are not integer 
multiples of the sampling period.  This proves to 
be problematic as there is no existing output data 
that can be assigned to these fractionally delayed  
 
samples [1].  A method used to overcome this 
problem is that of linear interpolation.  The process 
determines the distance that the fractionally delayed 
sample lies between two neighbouring integer 
samples.  It then constructs a line between the two 
integer samples and uses this line as a guide to 
assign an output value to the fractionally delayed 
sample [3].  This is illustrated in Figure 4: 
 Figure 4. Visualisation of the linear interpolation process. 
 
Once this process has been applied to the entire 
input signal we are left with the finished product. 
 
These two different vibrato systems serve their 
purposes of applying their respective types of 
modulation to a given input signal.  However, their 
resulting outputs have can sometimes have an 
unnatural quality which makes them 
distinguishable from the vibrato produced by a 
human.  The unnatural quality stems from the 
fixed modulation frequency and  
 
amplitude/pitch variation of the synthesised vibrato 
for the duration of the input signal.  The vibrato 
produced by musicians has subtle variations in both 
amplitude and modulation frequency, especially 
during long, sustained notes.  A possible 
improvement to these systems could be to introduce 
a degree of randomness in these parameters in an 
attempt to replicate those subtle variations produced 
by performers.
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